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(g) Noise reducing method, noise reducing apparatus and telephone set 

@ A noise reducing method and device for re- 
ducing the noise contained in the input speech 
signal. The speech s^nal collected by a micro- 
phone 11 is converted by an A/D converter 12 
into a digital input signal x(n). A frame power 
calculating circuit 13 calculates a mean frame 
power rms for each frame of the digital input 
signal x(n). A suppression ratio calculating cir- 
cuit 14 {calculates different values of the noise 
suppression ratio depending on the magnitude 
of the mean fiBme power nms relative to pre-set 
threshold values. A level discrimination circuit 
18 forms a changeover control signal depend- 
ing on the noise level and transmits the 
changeover control signal to the suppression 
ratio calculating cffcuit 14 for switching control 
of the threshold value. The suppression ratio 
value from the suppression value calculating 
circuit 14 is transmitted via a snKX>thing circuit 
15 to a noise-reducing circuit 16 and multiplied 
with the input signal x(n) for reducing the noise 
component The effect of the noise-reducing 
operation Is changed responsive to the noise 
level and the intensity of the noise-reducing 
operation is mcxierated in a portion of a low 
noise level zfor preventing deterioration in the 
sound quality. 
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BACKGROUND OF THE INVENTION 

1. Field of the Inventbn 

This Invention relates to a method for reducing the noise contained in speech signals. More particularly. 
It relates to a method for noise reducing method applied to a noise reducing device adapted for reducing the 
noise admixed into the speech signals collected by a microphone. 

2. Description of Related Art 

There are known a variety of methods for reducing the noise contained in speech signals. In many of these 
methods, a sort of an expanding operation is carried out in which, by taking advantage of the fact noise com- 
ponents are lower in level than speech components, the input signal is processed so that the lower the level 
of the input signal, the larger is the anrwunt of attenuation of the input signal. 

The extent of expansion, that is the expansion ratio, is selected to a moderate value so that the expansion 
is neither too strong nor too weak, in consWeration of the extent of expansion enabling the noise components 
under the usual state to be reduced effecth/ely. 

In such method of reducing the noise by expansion, there may be occasions wherein the effect of noise 
reduction Is insufficient in case of a larger noise contained in the input signal. Conversely, if no noise is con- 
tained In the input signal, consonant sounds, such as "sa". -si","su", "se" and "so" are extinguished by expan- 
sion, thus producing unspontaneous sound. That is, expansion is carried out even in such cases wherein the 
noise is small and there is no necessity of carrying out the noise reducing operatbn, thus leading to the de- 
teriorated sound quality. 

With the above-described noi^-reducing method, since the expanding effect becomes the higher the smaller 
the Input signal level, the sound tends to be erased or emitted when expansk>n is made in comblnatton with a speech 
coder of muting a signal bekiw a certain constant level, for example, a signal not higher than - 66 dB, thus giving 
unspontaneous speech on decoding. 

SUMMARY OF THE INVENTION 

In view of the foregoing, it is an object of the present invention to provide a noise reducing method whereby 
the noise may be reduced without deteriorating the sound quality of the reproduced speech signal so that more 
spontaneous playback sound may be produced. 

According to the present Invention, there Is provided a method for reducing the noise contained in an input 
speech signal comprising the steps of detecting the level of a noise component contained in the input speech 
signal for forming a control signal depending on the detected noise level, and modifying the contents of the 
noise reducing operation for the input speech signal depending on the control signal for carrying out the modi- 
fied noise reducing operation. 

The contents of the noise-reducing operation, modified depending on the control signal, preferably include 
changing the threshold value of the input signal level for level expansion. That is, if the Input signal level is 
below a pre-set threshold value and level expanston is to be performed for noise reduction, the threshold value 
is changed or switching-controlled depending on a control signal generated on the basis of the noise level de- 
tected by the noise level detectk>n step. 

The noise reducing operation may be performed in accordance with an Input/ output characteristic curve 
which represents an output signal level In dB to the input signal level in dB and which is In the shape of a kinked 
line having two or more kinked points. For example, a first threshold value and a second threshold value smaller 
than the first threshold value are set for the input signal level, and level expansion for noise reduction is per- 
fonmed only when the input level is in a range of from the first threshold value to the second threshold value, 
while level expansion is not performed and fixed attenuation is used when the input level is smaller than the 
second threshold value. In this manner, if the noise reducing device is to be used in combination with a device 
adapted for muting a signal lowerthan a pre-set level, the phenomenon of the sound being indefinitely produced 
or muted may be prevented from occurring to resolve the unspontaneous hearing feeling. 

The contents of the noise reducing operation may also be modif ied by providing for plural noise-reducing 
algorithms and changing over these algorithnns depending on the control signal. To this end. three noise re- 
ducing algorithnr». that Is a first noise redudng algorithm of calculating a suppression ratio depending on the 
level of said input speech signal level and multiplying the input speech signal with the calculated suppressbn 
ratio, a second noise reducing algorithm of calculating a suppresston ratio depending on the level of a signal 
conesponding to the input speech s^nal the high-frequency component of which Is enhanced and multiplying 
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the signal with the calculated suppression ratio, and a third noise reducing algorithm of performing a noise- 
reducing operation only on the low-frequency component of the input speech signal and adding the noise- 
reduced low-frequency component to the high-frequency component of the input speech signal, may be pro- 
vided and one of these algorithms selected depending on the control signal. In this manner, the effect of the 
noise-reducing operation may be switching-moderated depending on the noise level in such a manner that the 
noise is reduced intensively in a place where the sunrounding noise level is high, thereby further improving the 
noise-reducing effect. 

With the method of the present invention, the effect of the noise reducing operation may be changed over 
depending on the background noise level for adjustment to an optimum value of the noise reduction. Specif- 
ically, the expansion is suppressed for the low background noise level for preventing deterioration in the sound 
quality. 

BRIEF DESCRIPTION OF THE DRAWINGS 

Fig. 1 is a block circuit diagram showing a noise reducing device for carrying out the noise reducing method 
according to a first embodiment of the present invention. 

Fig.2 is a graph showing an illustrative relatbnship between input and output signals when the noise re- 
duction is performed using a noise suppression ratio from a suppression ratio calculating circuit from a noise 
reducing device shown in Fig.1. 

Fig.3 is a graph showing another illustrative relationship between input and output signals when the noise 
reduction is applied using a noise suppression ratio from a suppression ratio calculating circuit from a noise 
reducing device shown in Fig.1. 

Fig.4 is a block circuit diagram showing an example of a circuit arrangement of a speech transmitting device 
employing the noise reducing device shown in Fig.1. 

Fig.5 is a flow chart for illustrating the former half portion of the operation of the noise detection circuit of 
the noise reducing device shown in Fig.1. 

Fig.6 is a flow chart for illustrating the former half portion of the operation of the noise detection circuit of 
the noise reducing device shown in Fig.1. 

Fig.7 is a block circuit diagram showing a noise reducing device for carrying out the noise reducing method 
according to a second embodiment of the present invention. 

DETAILED DESCRIPTION OF THE PREFERRED EMBODIMENTS 

Referring to the drawings, certain preferred embodin^ents of the noise reducing method according to the 
present invention will be explained in detail. In the following explanation, it is assumed that a noise reducing 
device for canrying out the method of these embodiments is built into a portable telephone device. That is, as- 
suming that the portable telephone device is used under a high-noise environment, the method of reducing 
the noise according to the emtxxiiments of the present invention is applied to a noise reducing device for re- 
ducing the noise collected by a microphone along with the speech. 

Fig.1 shows a noise reducing device to which the noise reducing device according to a first embodiment 
of the present invention is applied. 

In Fig.1. a microphone 11 is employed as speech signal input means. This microphone collects not only 
the speech but also the noise such as external sound, wind or the like which is converted along with the speech 
into electrical signals. 

An input signal from the microphone 11 is supplied to an analog/digital (A/D) converter 12 for converting 
the analog signal into a digital signal. The digital input signal x(n) from the A/D converter 12 is dwided by frame 
forming means, not shown, into plural frames each being of a period of 20 msec and each being made up of 
160 samples. The digital input signal is supplied frame-by-frame to a frame power calculating circuit 13 and 
a noise reducing circuit 16. The frame power calculating circuit 13 calculates, as the frame-based power of 
the speech signal, the mean power, for example, the root mean square (RMS) value, of the frame-based digital 
input signal x(n). The frame-based mean power value, calculated by the frame power calculating circuit 13. is 
supplied to a suppression ratio calculating circuit 14. The suppression ratio calculating circuit 14 calculates, 
using the mean frame power as calculated by the frame power calculating circuit 1 3, a suppression ratio which 
is a coefficient for noise suppressbn. The suppression ratio as found by the suppresston ratio calculating circuit 
14 is transmitted to a snK>othing circuit 1 5 which snrmthes the suppression ratio as found by the suppression 
ratio calculating circuit 14. By smoothing is meant the processing for eliminating discontinuous junctfon points 
In the input speech signal divided on the franne basis. The suppression ratio, thus smoothed, is transmitted to 
a noise reducing circuit 16 so as to be used therein for eliminating the noise in the digital Input signal x(n) sup- 
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plied from the A/D converter 12. 

The suppression ratb calculating circuit 14 is.fed with a control signal obtained by discriminating the noise 
level detection signal entering a terminal 19 by a leveF discrimination circuit 18. The threshold value for calcu- 
lating the suppression ratio, for example, is changed over depending on this control signal. 
5 The frame power calculating circuit 13 calculates the frame-based mean power of the digital input signal 

x(n). The mean power nms of each 1 60-sample frame of the digital input signal x(n) is calculated by the equation 
(1): 



159 

(1) 

IS 

The mean power rms, calculated on the basis of the equatbn (1), is supplied to the suppression ratio cal- 
culating circuit 14. 

The suppression ratio calculating circuit 14 compares the mean power rms to a certain threshold nrl and, 
based on the results of comparison, calculates a suppression ratio (scale). That is, the suppression ratio (scale) 
20 is set to unity and to 

scale = rms/K (2) 

if the mean power rms is not less than and less than the threshold value nrl , respectively, in the above equa- 
tion, K denotes a constant and equal to nrl (K = nr1 ) in the present embodiment Alternatively, the suppression 
ratio (scale) is calculated by the equation (2) for all of the rms values and, if the suppression ratio (scale), which 

25 is the result of calculations, is less than unity (scale < 1), the d^ital input signal x(n) is multiplied by the sup- 
pression ratio (scale) calculated by the equation (2). This is tantamount to multiplying the digital input signal 
x(n) by a gain less than unity for a frame in which the mean power mns is less than the threshold value nrl . If. 
as a result of the calculations of the equation (2), the suppression ratio becomes not less than unity (scale ^ 
1), the digital input signal x(n) is outputted directly, that is without any processing. This is tantamount to mul- 

30 tiplying the digital input signal x(n) by a gain equal to unity for a frame in which the suppression ratio (scale) 
becomes equal to the threshold value. Thus, by suitably selecting the threshold value nrl , the gain is controlled 
to a smaller value for a small power portion, such as a noise portion, thus effectively achieving the noise re- 
duction. The effect of noise suppression in case of employing the equation (2) becomes equal to 1/2 of the 
mean power of the input signal. 

35 If the noise suppression is too intense or if the circuit of muting the sound lower than a pre-set level is 

used in combination. It is preferred to set a second threshold value nr2 smaller than the threshold value nrl, 
which e to be the first threshold, and to lower the suppression, that is to moderate the intensity of the expanding 
operation of an expander, for a region in which the input level becomes smaller than the second threshold value 
ni2. 

40 Fig.2 shows typical input/ output characteristics in case of reducing the effect of noise suppression in an 

input level region smaller than the second threshold value nr2. In this case, the output signal is obtained by 
multiplying the digital input signal x(n) by the suppression ratio value as found by the suppression ratio calcu- 
lating circuit 4. In Fig.2, the input and output levels are plotted in dB on the abscissa and on the ordinate, re- 
spectively. 

45 In Fig.2, there is shown a sort of expander characteristics in which, for the domain in which the above rms 

value indicating the input level, for example, is not less than a first threshold value nrl a on the abscissa, the 
gain Is set to unity and, for the domain in which the input level becomes smaller than nrl a, the gain becomes 
smaller with decrease in the input level. On the other hand, for the domain in which the input level becomes 
smaller than a second threshold value nr2a lower than the first threshold value nrl a, the gradient of the curve 

50 is restored to the above-stated gradient corresponding to the unity gain, for example, or a fixed amount of at- 
tenuation. That is. for the domain in which the input level becomes smaller than the second threshold value 
nr2a, a fixed value of the suppression ratio 

(suppression ratio) = nr2/nr1 (3) 
independent of the rms value is used and multiplied with the input signal to give an output signal having the 

55 constant amount of attenuation. In such case, the Input/ output characteristic curve, representing the output 
signal level in dB relative to the input signal level similarly in dB, is represented as a kinked line having two 
kinked points corresponding to the two threshold values nrl a and nr2a. This diminishes the unspontaneous 
feeling in the speech produced on noise suppression. 
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Besides, in Fig.2, a plurality of. herein three, sets of each of the first and second threshold values nrl, 
nr2. that is nria, nr2a, nr1b, nr2b, nrlc and nr2c, are pre-set and one of these sets of the threshold values is 
selected depending on a control signal produced on the basis of a noise level detection signal as later ex- 
plained. 

5 That is, for a noise level A as detected by, for example, a noise level detection circuit, two threshold values 

th1, th2 are set, where thi > th2. These threshold values thi, th2 are set on a level discrimination circuit 18 
as discrimination values. The level discrimination circuit 18 discriminates the noise level Afrom a terminal 19 
by the threshold values th1. th2 and generates a changeover control signal which will select the set of the 
threshold values nrl a, nr2a for A ^ thi , the set of the threshold values nrl b. nr2b for thi > A ^ th2 and the set 

10 of the threshold values nrl c, ni2c for th2 > A. The suppression ratio calculating circuit 14 selects one of the 
sets of the threshold values associated with the changeover control signal and, depending on the selected set 
of the threshold values, the suppression ratio calculating circuit 14 discriminates the mean frame power rms 
as the input level and calculates the noise suppression ratio. 

This is tantamount to changing over the threshold of application of the noise suppressbn in plural stages 

IS responsive to the detected noise level to increase or decrease the threshold value when the environment is 
loud or quiet, respectively. Thus the extent of noise reduction is changed depending on the strength of the back- 
ground noise at the site of telephone call so that the effect of noise reduction is decreased in a quiet environment 
for obviating the unspontaneous feeling due to the noise suppression and so that the effect of noise reduction 
is intensified in a loud environment for sufficiently decreasing the noise. 

20 Assuming that the mean speech power rms over a frame of 20 msec Is to be found by the above equation 

(1 ) , with the maximum amplitude for the 1 6-bit digital signal data being 32767, the practical values of the thresh- 
old values of nria = 1024. nr2a = 512, nrib = 512. nr2b = 256, nrlc = 256 and nr2c = 128 suffice. For the rms 
value of 512, the threshold value corresponds to approximately -33 dB for the full-scale sine wave of 0 dB. 

On the other hand, if the threshold values thi, th2 of the background noise level A are expressed by the 
25 mean power over one frame as in the case of the rms, thi and th2 can be set to 112 and 48. respectively (thi 
= 112 and th2 = 48). These values correspond to the background noise levels of 70 dBA (about -40 dB) and 
50 dBA, respectively. 

It is also possible to employ input/ output characteristics In the form of kinked lines each having one kinked 
point, and to select the threshold values of the kinked lines nr1 a, nrl b and nrlc on the basis of the above noise 
30 level. The ordinate and the abscissa of F^.3 are the same as those of Fig.2. The suppression ratb of the region 
lower in level than the threshold values of the kinked lines of Fig.3 can be calculated from the above equation 

(2) . 

In addition, in a region wherein the input level is lower than the second threshoM value ni2 smaller than 
the first threshold value nrl , an equation for calculation of the suppression ratio value 
35 (suppression ratio) = rmsW (3*) 

where K* is a constant, may be employed for further enhancing the noise suppression, that is for raising the 
expands operatbn. The noise suppressbn effect at this time is one-fourth of the mean power of the input 
signal. 

Meanwhile, since the speech portion and the no^e portion in the input signal are not processed separately, 
40 the tendency is for the speech to become absent in the region where the speech power in. for example, the 
consonants, is smaller. This tendency becomes pronounced when the noise reduction is applied nfK>st strongly, 
such that a highly alien feeling is induced depending on the speech type. Consequently, it becomes necessary 
to check into what strength of the noise reduction relative to the mean frame power is to be used or from which 
value of the input signal the noise reduction is to be applied. In the above embodiment of Fig.2, this phenom* 
45 enon is prevented from occurring by changing the intensity of noise reductnn In two stages depending on the 
input level. 

On the other hand, if the above processing is performed frame-by-franne, the speech Junctton t>ecomes 
non-conjunctive at the speech frames to induce an alien hearing feeling. 

In this conskJeratbn, it may be contemplated to set the atteck time or the recovery time for the suppression 
so ratio value and to carry out the smoothing on the frame basis to eliminate the alien hearing feeling. 

In the arrangement shown in Fig.1, the suppression ratio value as found by the suppression ratio calcu- 
lating circuit 14 is snKX»thed by the smoothing circuit 15 before being transmitted to the noise reducing circuit 
16. 

The snrK>othing circuit 15 is provided for overcoming the problem induced in noise reduction as mentioned 
55 above, and sets the atteck tinr^ and the recovery time. In the present embodiment, the atteck time is set to 
"0" and the recovery time may be changed. 

That is. if the speech power of the current frame as calculated is larger than that of the previous frame, 
the calculated frame power is directly empbyed. Conversely, if the speech power is smaller, it is smoothed 
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by a low-pass filter (LPF) whose characteristics are shown in the equation (4) 

S(n) = Scale.fltj x S(n-l) 
^ + Scale.fltj X scale (4) 

in order to eliminate the unspontaneous feeling of the processed speech caused by changes in the frame pow- 
er. 

10 The recovery time can be changed by changing the proportions of the coefficients scaie-f Iti, scale-fit2. If 

snrKX>thing is performed in accordance with the equation (4). the recovery portion, above all. in the changing 
portion in the input speech can be changed smoothi y. The suppression ratio value smoothed by the smoothing 
circuit 15 so as to be conrected for the unspontaneous feeling in the processed speech due to changes in the 
frame power is supplied to a noise reducing circuit 16. 

IS The noise reducing circuit 16 multiplies thedigital input signal x(n) supplied from the A/D converter 12 with 

the suppression ratio value supplied from the smoothing circuit 15 for outputting a noise-reduced output signal 
at an output terminal 17. 

It is thus possible with the noise reducing device employing the noise reducing method according to the 
present first embodiment to carry out the noise reducing operation with a smaller signal processing quantity. 

20 On the other hand, since the input/ output characteristics as shown in Fig.2 are used, and the expanding op- 
eration is stopped at a minute input signal level entailer than the second threshold value, a more spontaneous 
playback sound is produced. Besides, since noise suppression operates only weakly where the environmental 
noise level is low, so that the expander is not in operation in vain, thus preventing deterioration in sound quality. 
Conversely, the expander operation may be intensified where the environmental noise level is higher, thereby 

25 further enhancing the noise suppression effect 

The above-described noise reducing device may be employed in, for example, a speech signal transmitting 
device shown for example in Fig .4. Such speech signal transmitting device is employed as a transmitting por- 
tion of a portable telephone device, and resorts to vector sum excited linear pradiction (VSELP) for a speech 
coding method for compression of transmissk>n data. 

30 The technical contents of VSELP is disclosed in US Pat No. 4,817,157. This technique is a sort of the 

code excited linear predictk)n (CELP). With the VSELP encoder, parameters such as the speech frame power, 
reflection and linear prediction coefficients, pitch frequency, codebook, pitch or the codet)ook gain, are ana- 
lyzed, and the speech is encoded using these analytic parameters. A variety of speech encoding techniques 
may naturally be employed in addition to the VSELP. 

35 In Fig.4, the input speech signal is collected by the above-mentioned microphone and converted by the 

A/D converter into a digital signal which is supplied to an input terminal 1. This input digital speech signal is 
supplied via the noise reducing circuit 2 shown in Fig.1 to a vector sum exited linear prediction (VSELP) encoder 
3. The noise reducing circuit 2 may ft>e made up of. for example, the frame power calculating circuit 13, the 
suppression ratio calculating circuit 14, the smoothing circuit 15, noise reducing circuit 16 and the level dls- 

40 crimination circuit 18 shown in Fig.1 . 

The porion of the circuit shown In Fig.4 generating the transmission signal is comprised of the VSELP en- 
coder 3, a noise domain detection circuit 4 for detecting the background noise level using analytic parameters 
detected by the noise domain detectbn circuit 4 and a micro-computer 6 for controlling the volume of the re- 
ceh^ed sound responsive to the noise level as detected by the noise level detection circuit 5. 

45 With the speech encoding method employing the at)ove-described VSELP encoder, high-quality speech 

transmission at a low bit rate Is achieved by a codebook search by analysis-by-syntheste. With a speech en- 
coding device for carrying out the speech encoding method employing the VSELP, that is a vocoder, the pitch 
or the like, as a characteristic of input speech signals, is excited by selecting the code vector stored in the co- 
debook for encoding the speech. The parameters employed for encoding, such as the pitch frequency. Include 

50 the frame power, reflection coefficients, linear prediction coefficients, codebook, pitch and codebook gain. 

AnK)ng these analytic parameters, the frame power RO, pitch gain Po indicating the degree of strength of 
the pitch component, linear prediction coding coefficient and the lag tAG of the pitch frequency, are em- 
ployed for detecting the background noise. The frame power Ro is utilized because the speech level becomes 
equal to the noise level only on extremely rare occasions, while the pitch gain Pq is utilized because the en- 

65 vironmental noise, assumed to be random, is thought to have the pitch only on extremely rare occasions. 

On the other hand, the linear prediction encoding coefficient ai is employed since which of the high- 
frequency component or the low-frequency component is stronger can be determined depending on whether 
or not the value of ai is large or small, respectively. The background noise is usually concentrated in the high- 
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frequency region, and the background noise can be detected from the linear prediction encoding coefficient 
ch. This linear prediction encoding coefficient ai is the sum of coefficients of inverse functions Z.^ resulting 
from resolution of the direct higher-order FIR fitter into a cascade of second-order FIR filters. Consequently, 
if the zero point 8 is in a range of 0 < 6 < iz/2, the linear prediction encoding coefficient becomes larger. 
Consequently, it may be said that, should ai be larger or smaller than a pre-set threshold value, the signal 
energy is concentrated in a lower range and in a higher range, respectively. 
The relatbn between the zero point 6 and the frequency is now explained. 

If the sampling frequency is set to f, the frequency of 0 to f/2 corresponds to the frequency of 0 to n in a 
digital system, such as a digital filter. If the sampling frequency f is set to, for example, 8 kHz, the frequency 
0 to 4 kHz corresponds to the frequency of 0 to n, so that k/2 = 2 kHz. Consequently, the smaller the value of 
B, the lower becomes the frequency range. On the other hand, the smaller the value of 8. the larger becomes 
the value of . Thus, which of the low-frequency component or the high frequency component is stronger can 
be determined by checking the relation between the value of and the pre-set threshold value. 

The noise domain detection circuit 4 receives the above-mentioned analytic parameters, that is the frame 
power Ro, the pitch gain indicating the degree of intensity of the pitch component, the linear prediction encoding 
coefficient ai and the lag LAG in the pitch frequency, from the VSELP encoder 3, for detecting the noise do- 
main. This is effective in avoiding the iricrease in the processing quantity since there is a limitation imposed 
on the size of the digital signal processor (DSP) or the memory in order to keep up with the tendency towards 
reduction in size of the portable telephone device. 

The noise level detection circuit 5 detects the speech level, that is the transmission speech level, in the 
noise domain detected by the noise domain detection circuit 4. The detected transmission speech level may 
be the value of the frame power Ro of the frame ultimately judged to be the noise domain by the noise domain 
detection circuit based on judgment employing the analytic parameters. However, since there is the possibility 
of mistaken detection, the frame power Ro is routed to a 5-tap minimum value filter, as will be explained sub- 
sequently. 

The micro-computer 6 controls the timing of the noise domain detectton by the noise domain detection 
circuit 4 and the timing of the noise level detection by the noise level detection circuit 5, while controlling the 
volume of the playback speech responshre to the noise level. 

In the above-described arrangement of Fig.4, the digital speech input signal from the input terminal 1 is 
routed to the noise reducing circuit 2 where noise reduction is carried out as explained in connection with Figs.1 
and 2. The digital speech input signal thus processed is then supplied to the VSELP encoder 3. which then 
analyzes the input signal, now digitized, and proceeds to information compressk>n and encoding. At this time, 
the analytic parameters such as the frame power, reflection coefficient, linear prediction coefficient, pitch fre- 
quency, codebook, pitch and the codebook gain of the input speech signal, are employed. 

The data compressed and encoded by the VSELP encoder 3 is fed to a baseband signal processing circuit 
7 where the synchronization signal, framing and error correction signal are appended to the data. Output data 
of the baseband signal processing circuit 7 is fed to an RF transmission and reception circuit 8 where the data 
is modulated to a suitable frequency for transmission over an antenna 9. 

Among the analytic parameters employed by the VSELP encoder 3, the frame power Rq, the pitch gain 
indicating the degree of intensity of the pitch component, the linear prediction encoding coefficient ai and the 
lag LAG in the pitch frequency, are supplied to the noise domain detection circuit 4. The noise domain detection 
circuit 4 detects the noise domain using the frame power Rq, the pitch gain indicating the degree of intensity 
of the pitch component, the linear predictbn encoding coefficient a^ and the lag LAG in the pitch frequency. 
The information ultimately determined to be the noise domain by the noise domain detectkin circuit 4, that is 
the flag information, is supplied to the noise level detection circuit 5. 

The noise level detection circuit 5 is also fed with the digital input signal from the A/D converter 2 and de- 
tects the signal level of the noise domain responsive to the flag infbrmatbn. The signal level nnay be the frame 
power Ro as nnentioned above. 

The noise level data detected by the noise level detection circuit 5 is supplied to the micro-computer 6 as 
a controlling part, whole al^ being fed to the noise reducing circuit 2. In the noise reducing circuit 2, the noise 
level data is supplied via a terminal 19 shown for example in Fig.1 to the level discrimination circuit 16 where 
the changeover control signal subject to level discriminatton by the threshold values thi and th2 is formed for 
switching selection of the threshold value of the input level by the suppression ratio calculating circuit 14. 

Detection of the noise level by the noise level detection circuit 5 according tD the present embodiment is 
now explained. 

First, the domain in which to detect the noise level needs to be a noise donvain as detected by the noise 
level detection circuit 4. The timing of detecting the noise domain is controlled by the controller 6, as explained 
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previously. The noise domain detection Is perfonmed In order to assist the noise level detection by the noise 
level detection circuit 5. That is, decision is given as to whether a f ranne under consideration Is a voiced sound 
or the notee. If the frame is found to be a noise, it becomes possible to detect the noise level. As a matter of 
course, detection of the noise level may be achieved more accurately If there exists only the noise. Conse- 
quently, the speech level entering the transmitting microphone 1 1n the absence of the transmitted speech input 
is detected by the noise level detection circuit 5 as transmitted speech level detection means. 

An initial value of the noise level of -20 dB is first set with respect to a sound volunne level as set by the 
user. If the noise level detected In a manner as later explained is found to be larger than the initial set value, 
the playt>ack sound volume level on the receiving side is increased. 

The noise level can be detected easily if the frame-based input voice sound is within the background noise 
domain. For this reason, the sound received directly after the turning on of the transmitting power source of 
the transmitting section, the sound received during the standby state for a reception signal of the transmitting 
section, and the sound receh^ed during call with the sound level at the receiving side being lower than a pre- 
set level, is regarded as being the background noise, and detection is made of the frame noise level during 
this time. 

The transmitting call power source of the transmitting section being turned on is an Indication that the 
user Is willing to start using the present portable telephone set In the present embodiment, the inner circuitry 
usually makes a self-check. When next the user stretches out the antenna 9, the telephone set enters the stand- 
by state, after verifying that the Interconnection with a base station has been made. Since the input voice sound 
from the user is receh^ed only after the end of the series of operations, there is no likelihood that the user utters 
the voice sound to the microphone during this time. Consequently, if the transmitting microphone 1 is used 
during this series of operations, the detected sound level Is the surrounding noise level, that is the background 
noise level. Similarly, the background noise level may be detected during or directly after the user has made 
a transmitting operation (dialing operation) directly before starting the call. 

The standby state for a reception signal of the transmitting sectk>n means the state in which the call signal 
from the called party is being awaited with the power source of the receiving section having been turned on. 
Such state is not the actual call state, so that It may be assumed that there is no voice sound of conversation 
between the parties. Thus the background noise level may be detected if the surrounding sound volume level 
is measured during this standby state using the transmitting microphone. It Is also possible to make such meas- 
urements a number of times at suitat>le intervals and to average the measured values. 

It is seen from above that the background noise level may be estimated from the sound level directly after 
the turning on of the transmitting power source of the transmitting section, and the sound received during the 
standby state for a receptton signal of the transmitting section, and convereatk)n may be started subject to 
speech processing based upon the estimated noise level. It Is however preferred to follow subsequent changes 
in the background noise level dynamically even during the conversatlpn over the telephone. For this reason, 
the background noise level is detected responshre also to the speech level at the receiving sectbn during talk 
ov^ the telephone. 

It is preferred that such detection of the noise level on the receiving section during the conversation be 
carried out after detecting the noise domain by the analytic parameters miployed by the receh^ing side VSELP 
encoder 3, as explained previously. 

Since noise detection may be made more accurately when the level of the monitored frame power Ro Is 
higher than a reference level or when the called party is talking, the reproduced sound volume when the called 
party is talking may be controlled on the real time basis thereby realizing more agreeable call quality. 

Thus, in the present embodiment, the controller 6 controls the detection timing of the noise domain de- 
tection circuit 4 and the noise level detection circuit 5 so that detection will be made directly after turning on 
of the transmitting power source of the transmitting section, during the standby state of reception signals of 
the transmitting section and during talk over the telephone set when the voice sound Is Interrupted. 

The operation of detecting the noise domain by the noise domain detection circuit 4 is now explained by 
referring to the flow chart shown in Flgs.5 and 6. 

After the flow chart of Fig.5 is started, the noise domain detection circuit 4 receives the frame power Rq, 
pitch gain Pq, indicating the magnitude of the pitch component, f Iret-order linear prediction coefficient ai and 
the lag of the pitch frequency LAG from the VSELP encoder 3. 

In the present emlxxfiment, decision in each of the following steps by the analytic parameters supplied at 
the step S 1 is given In basically three frames because such decision given in one frame leads to frequent errors. 
If the ranges of the parameters are checked over three frames, and the noise domain is located, the noise flag 
is set to "1 Otherwise, the error flag is set to '0". The three frames comprise the current frame and two frames 
directly preceding the current frame. 

Decisions by the analytic parametere through these three consecutive frames are given by the foltowing 
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Steps. 

At a step S2, it is checked whether or not the frame power Rq of the input voice sound is lesser than a pre- 
set threshold Roth for the three consecutive frames. If the result of decisbn is YES. that is if Rq is snnalier than 
Roth for three consecutive frames, processing transfers to a step S3. If the result of decision is NO. that is if 
5 Ro is larger than Roth for the three consecutive frames, processing transfers to a step S9. The preset threshold 
Roth is the threshold for noise, that is a level at>ove whk^h the sound is deemed to t>e a voice instead of the 
noise. Thus the step S2 is carried out in order to check the signal level. 

At a step S3, it is checked whether or not the first-order linear prediction coefficient ai of the input voice 
sound is smaller for three consecutive frames than a pre-set threshold othe- 1^ the result of decision is YES, 
10 that is if ai is smaller than othe for three consecutive frames, processing transfers to a step 54. Conversely, if 
the result of decision is NO, that is if ai is larger than othe for three consecutive frames, processing transfers 
to a step S9. The pre-set threshold othe has a value which is scarcely manifested at the time of noise analysis. 
Thus the step S3 is carried out in order to check the gradient of the speech spectrum. 

At a step S4, It is checked whether or not the value of the frame power Rq of the current input speech frame 
15 is smaller than "5". If the result of decision is YES, that is if Ro is smaller than 5, control proceeds to a step 
S5. Conversely, if the result of decision is NO, that is if Ro is larger than 5, control proceeds to a step S6. The 
reason the threshold is set to *5" is that the possibility Is high that a frame having a frame power Ro larger 
than "5" is a voiced sound. 

At a step S5, it is checked whether or not the pitch gain Po of the input speech signal is smaller than 0.9 
20 for three consecutive frames and the current pitch gain Po is larger than 0.7. If the result is YES, that is if it is 
found that the pitch gain Pq is smaller than 0.9 for three consecutive frames and the current pitch gain PO is 
larger than 0.7, control proceeds to a step S8. Conversely, if the result of dectsk>n is NO, that is if it is found 
that the pitch gain Po is laiperthan 0.9 for three consecutive frames and the current pitch gain Pq is larger than 
0.7, control proceeds to a step SB. The steps S3 to S5 check the intensity of pitch components. 
25 At a step 36, it Is checked, responsh^e to the negative results of decision at the step S4, that is that Ro is 

5 or larger, whether or not the frame power Ro is not less than 5 and less than 20. If the result is YES, that is 
if Ro is not less than 5 and less than 20. control proceeds to a step S7. If the result is NO, that is if Ro is not 
in the at>ove range, control proceeds to a step S9. 

At the step S7, it is checked whether or not the pitch gain Po of the input speech signals is smaller than 
30 0.85 for three consecutive frames and the current pitch gain Pq is larger than 0.65. If the result is YES, that is 
if the pitch gain Po of the input speech signals is smaller than 0.85 for three consecutive frames and the current 
pitch gain Po is larger than 0.65, control proceeds to a step S8. Conversely, if the result is NO, that is if the 
pitch gain Po of the input speech signals is larger than 0.85 for three consecuth/e frames and the current pitch 
gain Po is smaller than 0.65, control proceeds to a step S9. 
35 At the step S8, responsive to the result of decision of YES at the step S5 or S7, the noise flag Is set to "1 ". 

With the noise flag set to "1", the frame ^ set as being the noise. 

If the decisions gwen at the steps S2, S3, S5, S6 and S7 are NO, the noise flag is set at the step S9 to 
"0". and the frame under consideration is set as being the voice sound. 

The steps S10 et seq. are shown in the flow chart of Fig.6. At a step S10. a decision is given as to whether 
40 or not the pitch lag LAG of the input speech signal is 0. If the result of decision is YES, that is if LAG is 0, the 
frame is set as being the noise t>ecause there is little possibility of the input signal being the voice sound for 
the pitch frequency LAG equal to 0. That is. control proceeds to a step S11 and sets a noise flag to "1". If the 
result is NO. that is if LAG is not 0, control proceeds to a step S12. 

At the step S12, it is checked whether or not the frame power Ro is 2 or less. If the result is YES, that is 
45 if Ro is 2 or less, control proceeds to a step SI 3. if the result is NO, that is if Rq is larger than 2, control proceeds 
to a step S14. 

At the step S12, it is checked whether or not the frame power Ro is 2 or less. If the result is YES. that is 
if Ro is 2 or less, control proceeds to a step SI 3. If the result is NO, that is if Ro is larger than 2, control proceeds 
to a step S14. At the step S 13, it is checked whether the frame power Ro is significantly small. If the result is 
so YES. the noise flag is set to "1" during the next step S13. and the frame is set as being a noise. 

At the step S13, similarly to the step S11. the noise flag is set to "1", in order to set the frame as being 
the noise. 

At the step S14. the frame power Ro of a frame directly previous to the current frame is subtracted from 
the frame power Ro of the current frame, and it is checked whether or not the absolute value of the difference 
55 exceeds 3. The reason is that, if there is an acute change in the frame power Ro between the current frame 
and the temporally prevtous frame, the current frame is set as being the voice sound frame. That is, if the result 
at the step S14 is YES, that if there is an acute change in the frame power Ro between the current frame 
and the temporally previous frame, control proceeds to a step S1 6, in order to set the noise flag to "0" and the 
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current frame is set as being the voice sound f ranne. If the result is NO, that is if a decision is that there is no 
acute change in the frame power Ro between the current frame and the temporally previous frame, control 
proceeds to a step SI 5. 

At the step SI 5, the frame power Ro of a frame previous to the frame directly previous to the current frame 
is subtracted from the frame power Ro of the current frame, and it is checked whether or not the absolute value 
of the difference exceeds 3. The reason is that, if there is an acute change in the frame power Rq between 
the current frame and the frame previous to the directly previous frame, the current frame Is set as being the 
voice sound frame. That Is, if the result at the step S15 is YES, that is if there is an acute change in the frame 
power Ro between the current frame and the frame previous to the frame directly previous to the current frame, 
control proceeds to a step S16, in order to set the noise flag to '0' and the current frame is set as being the 
voice sound frame. If the result is NO, that is If a decision is that there is no acute change in the frame power 
Ro between the current frame and frame previous to the frame previous to the current frame, control proceeds 
to a step S17. 

At the step S1 7, the noise flag is ultimately set to *0* or "1 ", and the corresponding information is supplied 
to the noise level detection circuit 5. 

The noise level detection circuit 5 detects the voice sound level of the noise domain depending on the flag 
information obtained by the operation at the noise domain detection circuit 4 in accordance with the flow chart 
shown in Ftgs.5 and 6. 

In detecting the noise domain or the noise level as described above, the noise reducing circuit may be used 
in combination with the above-described VSELP encoder 3. whereby the background noise level may be de- 
tected using output parameters of the VSELP encoder 3, such that only minute additional arrangement or ad- 
ditional signal processing for noise level detectton suffices. On the other hand, if the noise reducing device is 
applied to a portable telephone device, the device enclosed in the telephone device for automatic adjustment 
of the received sound volume, not shown, may be used directly as the noise level detection circuit, so that there 
is no necessity of annexing a new dedicated circuit 

The noise reducing method according to a second embodiment of the present invention, in which a plurality 
of noise reducing algorithms are set in advance and switched in a controlled manner depending on the detected 
noise level, is hereinafter explained. Fig.7 shows an annangement of essential portions of the noise reducing 
device for carrying out the noise reducing method. 

Referring to Fig.7, there are shown circuits 10, 20 and 30 associated with respecth^e different noise- 
reducing algorithms. One of these circuits 1 0, 20 and 30 is selected by changeover switches 42. 47 operatively 
connected to each other. The changeover switches 42, 47 are changed over in an interlocked manner by the 
changeover signal on the basis of the detected noise level so that one of the circuits 10, 20 and 30 Is connected 
in circuit across an input terminal 41 and an output terminal 47. The input digital speech s^nal x(n) is supplied 
from the A/D converter 12 of Fig.1 to the input terminal 41 , while the output signal from the output terminal 47 
is supplied to the VSELP encoder 3 shown in Fig.4. 

The fist circuit 10 shown in Fig.7 is a noise reducing circuit by the basic algorithm employing the circuits 
13 to 16 shown in Fig.1. The threshold value of the input level at the time of calculation in the suppression 
ratio calculating circuit 14 is set so as to be constant The circuit 20 implements the algorithm for enhancing 
the high frequency domain of the input signal for the calculation of the noise suppression ratio, while the circuit 
30 implements the algorithm of performing noise reductbn only on the low frequency component of the input 
speech signal and summing the noise-reduced low-frequency component to the high-frequency component 
of the original input speech signal. 

The circuit 10 is not explained since it is substantially the same as the first embodiment shown in Fig.1 
except that there is no necessity of providing for a variable threshold value of the input level for the calculation 
of the noise suppressk>n ratio in the suppresston ratio calculatton circuit 14. The circuit 10 is connected between 
a fixed terminal a of the input side changeover switch 42 and a fixed terminal a of an output skle changeover 
switch 46. 

The circuit 20 calculates the noise suppression ratio using a signal resulting from high-frequency enhance- 
ment of the input digital signal x(n) from a fixed tenninal b of the changeover switch 42. A high-frequency en- 
hancement filter 21 is connected upstream of the frame power calculating circuit 23 for high-frequency en- 
hancement The consonants having a larger high-frequency energy are processed with only weak noise re- 
duction. 

If a filter output of the high-frequency enhancement filter 21 is expressed as y(n), the filter output y(n) be- 
comes 

y(n) = 2x(n) - x(n-1) 

The frame power calculating circuit 23 calculates the frame power rms using the filter output y(n) in place of 
x(n) in the equation (1). 
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The frame power rms calculated by the frame power calculating circuit 23 is supplied to a suppression 
ratio calculating circuit 24 so as to be used for the calculation of the suppression ration value (scale) as in the 
above equation (2). The calculation of the suppression ratio value (scale) by the suppression ratio calculating 
circuit 24 is not explained since it is similar to that in the first embodiment explained previously. 
5 The suppression ratio value obtained by the suppression ratio calculating circuit 24 is supplied via the 

smoothing circuit 25 to the noise reducing circuit 6. 

The noise reducing circuit 6 multiplies the dig ital input signal x(n) from the fixed tenminal b of the change- 
over switch 42. that is the original input signal not processed with high-frequency enhancement, with the sup- 
pression ratio value supplied via the smoothing circuit 25. for reducing the noise in the input signal x(n), and 
10 transmits the noise-reduced output signal to a fixed terminal b of the changeover switch 46. 

The circuit 20 performs the noise-reducing operation using the noise suppression ratio on the basis of the 
high-frequency-enhanced signal. Thus the noise-reducing operation becomes operative for the entire frequen- 
cy spectrum of the input speech signal. However, the noise-reducing operation may be made to be effective 
only to a lesser extent on the consonant parts having the larger frequency side energy for diminishing the alien 
IS feeling caused by the disappearance of the consonants. 

The circuit 30 of Fig.7 divides the frequency spectrum of the digital input signal x(n) from a fixed tenminal 
c of the input side changeover switch 42 into a higher frequency range and a lower frequency range and per- 
forms a noise-reducing operation only on the low frequency component The circuit 30 then sums the noise- 
reduced low-frequency component to the high-frequency component of the original input signal x(n) and trans- 
20 mits the resulting sum signal to a fixed terminal c of the output side changeover switch 46. 

The circuit 30 has a low-pass filter 31 and a high-pass filter 32 connected in parallel to each other to a 
fixed terminal c of the changeover switch 42. The low-pass filter 31 and the high-pass filter transmit the low- 
frequency component and the high-frequency component of the digital input signal x(n). respectively. Only the 
low-frequency component is processed with the noise-reducing operation, while the high-frequency compo- 
25 nent is not processed in this manner. The reason is that the consonants with a small power are contained in 
the high-frequency component in a larger quantity than in the low-frequency component, such that. If the noise- 
reducing operation is performed on the high-frequency component the consonants are simultaneously sup- 
pressed and hence the speech exhibiting an alien feeling Is produced. 

If the filter output of the low-pass filter 31 is expressed as y(n)L. the filter output y(n)L becomes 

On the other hand, the filter output y(n)H becomes 

y(n)^= <n)-^n-1) 

35 The filter output y{n)i of the low-pass filter 31 is supplied to a frame power calculating circuit 33 and a 

noise-reducing circuit 36 similar to those shown in Flg.1. That is. the frame power calculating circuit 33 calcu- 
lates the mean frame power rms using the fitter output y(n)L of the low-pass filter 31 in place of x(n) of the 
equation (1). 

The mean frame power rms calculated by the frame power calculating circuit 33 is supplied to the sup- 
40 pression ratio calculating circuit 34 so as to be used for calculating the suppression ratio value as in the equa- 
tion (2). The explanation on the calculation of the suppression ratio value by the calculating circuit 34 is not 
made for avoiding redundancy. 

The suppression ratio value, corrected as to the unspontaneous feeling In the processed speech due to 
changes In the frame power, is transmitted to the noise reducing circuit 36 which multiplies the filter output 
45 y(n) supplied from the low-pass filter 31 by the suppression ratio value supplied via the smoothing circuit 35 
by way of performing noise reduction on the filter output y(n)L which is the low-frequency component of the 
input signal x(n). The noise-reduced output signal y(n)L is supplied to an additive node 36. 

The additive node 36 is also fed with the filter output y{n)» of the high-pass filter 32. The additive node 36 
adds the noise-reduced filter output Y(n)i. to the non-notee-reduced filter output y(n)H and transmits the re- 
50 suiting sum signal to a low-pass filter 37. 

The low-pass filter 37 is employed In order to prevent the sound of the high-frequency component from 
becoming pronounced Inasmuch as the sum output (Y(n)L + y(n)H) is the non-noise-reduced filter output Spe- 
cifically, the transfer function H(Z) of the low-pass filter 37 becomes 

where a is a constant The characteristics of the low-pass filter 37 are changed by changing the value of a. 
The low-pass filter 37 transits an output signal whose high frequency component is suppressed by filtering, 
that is the noise-reduced output signal, to the f b(ed terminal c of the output side changeover switch 46. 
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In this manner, since the noise-reducing operation Is performed only on the low-frequency component, 
while it is not performed on the high-frequency component where the consonant energy is thought to be higher, 
there is no risk of the consonant part being attenuated along with the noise, or of the high-frequency sound 
exclusively being enhanced, the playback sound may be produced which is susceptible only to extremely min- 
ute sound quality deterioration as compared to the original sound. 

The changeover control signal for switching selection of the three circuits 10, 20 and 30 associated with 
the above-described three noise-reducing algorithms may be found by level discrimination with the aid of the 
two threshold values thi, th2. where thi > th2, using the level discrimination circuit 18 shown in Fig.1, on the 
basis of the noise level A from the noise level detection circuit 5 shown in Fig.4. 

Thus it suffices to select the fixed terminal a and hence the circuit 10, the f bced temiinal b and hence the 
circuit 20, and the fixed temninal c and hence the circuit 30, for A ^ thi . thi > A ^ th2 and for th2 > A, respectively. 

It becomes possible in this manner to intensify the noise-reducing operation for the larger background 
noise and to weaken the noise-reducing operation for the lower background noise, in order to suppress the 
unspontaneous hearing feeling. 

The present invention is not limited to the above-described first and second embodiments. For example, 
it is possible to provide for plural noise-reducing algorithms of plural input/ output characteristics having dif- 
ferent profiles of input/ output characteristic curves and to select one of the algorithms of the different in- 
put/ output characteristics responsive to the changeover control signal based upon the noise level. On the other 
hand, various other speech encoders than the above-described VSELP encoder, such as the multi-pulse ex- 
cited linear prediction speech encoder, as explained in JP Patent Kokai (Laid-Open) Publication 60-70500 
(1985), may be employed. In addition, the noise reducing device for canrying out the noise reducing method 
according to the present Invention may find use in other than the portable telephone device. 



Claims 

1. A method for reducing the noise contained in an input speech signal comprising the steps of 

detecting the level of a noise component contained in the input speech signal for forming a control 
signal depending on the detected noise level, and 

carrying out a noise reducing operatbn on the input speech signal, the contents of the noise re- 
ducing operatton being modified depending on the control signal. 

2. A method according to daim 1 wherein said noise reducing step includes carrying out a level expansion 
to produce different effects using a threshold value of the signal level of the input speech signal as a 
t>oundary, sakj threshold being modified depending on said control signal. 

3. A method according to daim 2 wherein said noise redudng step Indudes diminishing the level expanding 
effect for input speech signal levels not higher than said threshold value. 

4. A method according to daim 2 or 3 wherein said noise reducing step indudes carrying out a level expan- 
sfon to give different effects for plural threshold values of saki input speech signal level as the boundaries. 

5. A method according to daim 1, 3 or 4 wherein said noise reducing step indudes the steps of 

detecting the mean power of the input speech signal for each of plural unit time periods as said 
input speech s^nal level, 

setting a signal suppression ratio responsive to the detected input speech signal level and the con- 
trol signal, and 

carrying out the noise redudng operatbn by multiplying the input speech signal with said suppres- 
sion ratio. 

6. A method according to daim 5 wherein said noise redudng step indudes the step of 

smoothing said signal suppression ratio within said unit time period. 

7. A method according to daim 6 wherein said noise reducing step indudes the step of 

enhancing the snrKX>thing effect when the input speech signal level is smaller than the level of the 
prevk>us unit time period. 

8. A method according to daim 1 wherein sakI noise reducing step indudes the step of 

selecting one of a plurality of processing algorithms depending on said control signal. 
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9. A method according to claim 8 wherein said noise reducing step includes the step of 

selecting one of a plurality of processing algorithms depending on said control signal, said proc- 
essing algorithms being 

a first noise reducing algorithm for calculating a suppression ratio depending on the level of said 
input speech signal level and multiplying said input speech signal to the calculated suppression ratio, 

a second noise reducing algorithm of calculating a suppression ratio depending on the level of a 
signal corresponding to said input speech signal whose high-frequency component is enhanced and mul- 
tiplying said signal by the calculated suppression ratio, and 

a third noise reducing algorithm of performing a noise-reducing operation only on the low-frequen- 
cy component of the input speech signal and adding the noise-reduced low-frequency component to the 
high-frequency component of the input speech signal. 

1 0. A method according to any one of the preceding claims further comprising the step of 

compression-encoding the speech signal and detecting the level of the noise component in the in- 
put speech signal In the noise level detection step using encoding parametere obtained by said compres- 
sion-encoding step. 

11. An apparatus for reducing the noise in an input speech signal, the apparatus having a microphone to which 
the input speech signal enters and noise reducing means for reducing the noise contained in the input 
speech signal, said apparatus comprising 

noise level detection means for detecting the level of a noise component in said input speech signal 
and outputting a control signal responsive to the detected noise level, and 

means to carrying out a noise-reducing operation on the input speech signal, the contents of the 
noise-reducing operation being modified responsh/e to said control signal. 

12. An apparatus according to daim 11 wherein said noise-reducing means Includes level detection means 
for detecting the signal level of the input speech signal, said noise level reducing means carries out a level 
expansion which gives different effects with a threshold value of the input speech signal level as a bound- 
ary and modifies the threshold value responsive to said control signal. 

13. An apparatus according to daim 12 wherein said noise-reducing means diminishes the effect of level ex- 
pansion for input speech signal level detected by said levels detection means being not higher than said 
threshold value. 

14. An apparatus according to daim 12 wherein said noise-redudng means perfonms a level expansion which 
will give a different effect for each of a plurality of threshold values of said input speech signal. 

5. An apparatus according to daim 11,12, 13 or 14 wherein said noise-reducing means comprises 

level detectton means for detecting the mean power of the input speech signal for each unit time 
period as the signal level of the Input speech signal. 

suppressbn ratio setting means for setting a signal suppression ratio responsh/e to the detected 
signal level of the input speech signal and said control signal, and 

arithmetic-logical means for multiplying said input signal level by said suppression ratio by way of 
carrying out a noise-reducing operation, 

6. An apparatus according to daim 15 wherein said noise-reducing means comprises 

smoothing means for receiving the signal suppression value and smoothing the received signal 
suppression ratio within said unit time period. 

7. An apparatus according to daim 1 6 wherein said smoothing means enhances the smoothing effect when 
the detected signal level is smaller than the level for the previous unit time period. 

8. An apparatus according to daim 11 wherein said noise-redudng means comprises plural processing al- 
gorithms and selects one of them depending on said control signal. 

9. An apparatus according to claim 1 8 wherein said noise-redudng means selects one of a plurality of proc- 
essing algorithms depending on said control signal, said processing algorithms being 

a f iret noise redudng algorithm of calculating a suppression ratio depending on the level of said 
input speech signal level and multiplying said input speech signal with the calculated suppression ratio. 
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a second noise redudng algorithm of calculating a suppression ratio depending on the level of a 
signal corresponding to said input speech signal whose high-frequency component is enhanced and mul- 
tiplying said input speech signal with the calculated suppression ratio, and 

a third noise reducing algorithm of performing a noise-reducing operation only on the low-frequen- 
cy component of the input speech signal and adding the noise-reduced low-frequency component to the 
high-frequency component of the input speech signal. 

20. An apparatus according to any one of daims 1 1 to 1 9 further comprising 

compression-encoding means for compression-encoding the input speech signals, said noise de- 
tection means detecting the level of the noise component in the input speech signal using encoding para- 
meters obtained from said speech compression encoding means. 

21. A telephone apparatus having a microphone to which a speech signal Is input, noise reducing means for 
reducing the noise contained in the speech signal input to said microphone and transmission means for 
transmitting signals produced by said noise reducing means, said telephone apparatus comprising 

noise level detecting means for detecting the level of the noise component in said input speech 
signal and outputting a control signal depending on the detected noise level, 

wherein the processing contents in the noise reducing means are modified depending on said con- 
trol signal. 
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@ Noise reducing method, noise reducing apparatus and telephone set 

@ A noise reducing method and device for re- 
ducing the noise contained in the input speech 
signal. The speech signal collected by a micro- t 
phone 11 is converted by an A/D converter 12 
Into a digital input signal x(n). A frame povver 
calculating circuit 13 calculates a mean frame 
power nms for each frame of the digital input 
signal x(n). A suppression ratio calculating cir- 
cuit 14 calculates different values of the noise 
suppressbn ratk) depending on the magnitude 
of the mean frame power nms relative to pre-set 
threshold values. A level discrimination circuit 
18 fonnfis a changeover control signal depend- 
ing on the noise level and transmits the $ 
changeover control signal to the suppression 
ratio calculating circuit 14 for switching control 
of the threshold value. The suppression ratk) 
value from the suppression value calculating 
drcuft 14 is transmitted via a smoothing circuit 
15 to a noise-reducing circuit 16 and multiplied 
with the input signal x(n) for reducing the noise 
component The effect of the noiseHredudng 
operation is changed responsive to the noise 
level and the intensity of the noise-reducing 
operation is nrKxierated in a portion of a low 
noise level zfor preventing deterioration in ttie 
sound quality. 
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